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(54) SOUND DECODING DEVICE 

(57) When errors occur in a received code 
sequence, an error concealment routine part 130 is 
actuated and a correct code sequence is generated 
based on a code sequence received before the errors 
are detected. A decoding routine part 21* executes a 
decoding process based on this code sequence and 
updates the internal state based on the decoded result. 
Thereafter, when the code errors are recovered, an 
error recovery routine part 140 is actuated. The error 
recovery routine part 140 re-estimates a correct code 
sequence during a time period when the errors are 



FIG. 1 



detected, based on a code sequence received before 
the errors are detected and a code sequence received 
after no more errors are detected, and generates a sec- 
ond estimated code sequence. The decode process 
part 21' executes the decoding process based on an 
internal state information for retaining the second esti- 
mated code sequence in an internal state storage part 
23\ and updates the internal state information based on 
the decoded result By doing this, the quality of the 
decoded speech, which has recovered from code 
errors, can be improved. 
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Description 

Technical Field 

This invention relates to a speech decoder suited to 
be used for digital speech communication. 

Background Art 

In a low bit rate speech coding algorithm, a coding 
algorithm, which is based on a CELP (Code Excited Lin- 
ear Prediction Coding) such as LD-GELP (ITU-T/G. 
728). VSELP and SPI-CELP (RCR/STD27-C) is widely 
used. Although it is not limited to such a CELP series 
speech coding algorithm, in order to carry out a coding 
correctly in a coding algorithm having internal states in 
an encoder and in a decoder, it is essential that the 
internal state of the encoder is exactly coincident with 
that of the decoder. Here, imagining, for example, an MR 
filter of Fig. 6, the terms "internal state" corresponds to 

y(M), , y(M) of the output signal sequences 

till last time. In other words, when a decoding is cur- 
rently carried out utilizing a decoded result in the past 
as in the speech coding algorithm, the decoded result in 
the past corresponds to the above-mentioned "internal 
state". An adaptive codebook is its representative 
example. 

However, the decoder sometimes carries out a 
decoding with a damaged codes due to code errors 
occurrable on a transmission line. In that case, it occurs 
that the internal state of the encoder is not coincident 
with that of the decoder. When such a non-coincidence 
of the internal states occurs, a decoding cannot be car- 
ried out in a correct manner even if a correct code is 
used, and distortion of the decoded speech continues 
for a while even after the recovery of the code errors. 
Thus, a large degradation of the quality is resulted. 

A speech decoder is known as a device capable of 
lessening the degradation of quality, which is employed 
in a PDC (Personal Digital Cellular telecommunication 
system) full rate algorithm as shown in Fig. 7. In Fig. 7, 
reference numeral 1 denotes an input code sequence 
process unit which comprises an input code sequence 
process part 1 1 and input code sequence storage part 
12. Reference numeral 2 denotes a decoding process 
unit which comprises a decoding process part 21, an 
internal state process part 22, and an internal state stor- 
age part 23. Reference numeral 3 denotes a error 
detection unit for detecting the errors of a received input 
code sequence ln(i) (where i represents time and takes 

a value of i ■ 0, 1 . 2, ) utilizing a CRC (Cyclic 

Redundancy Code). 

The error detection unit 3 outputs an error detection 
signal E to the input code sequence process part 1 1 
and the decoding process part 21 when it detects errors 
in the input code sequence ln(i). 

The input code sequence process part 1 1 removes 
redundancy bits from the input code sequence ln(i) and 
outputs the same in the form of a code sequence C(i) to 



the decoding process part 21 when no errors are 
detected in the input code sequence ln(i) and no error 
detection signal (E) is output from the error detection 
unit 3. This code sequence C(i) is also output to the 
y code sequence storage part 1 2 and stored therein. 

Based on internal state information So(i) supplied 
from the internal state process part 22, the decoding 
process part 21 decodes the code sequence C(i), out- 
puts a decoded speech SP(i), and outputs the internal 
w state information Si(i) to the internal state process part 
22 at the time point when the decoding process is fin- 
ished. The internal state process part 22 reads the 
internal state information So(i) stored in the internal 
state storage part 23, outputs the same to the decoding 
is process part 21, prepares internal state information 
So(i+1) after the completion of the routine in the decod- 
ing process part 21 , based on the internal state informa- 
tion Si(i) supplied from th6 deooding process part 21, 
and stores the internal state information Si(i+1) in the 
20 internal state storage part 23. By doing this, the con- 
tents stored in the internal state storage part 23 are 
updated to So(i+1) from So(i) when the decoding proc- 
ess is finished at time i. 

It is supposed that errors are found in the input 
25 code sequence ln(t) at time t and the detection signal E 
is output from the error detection unit 3. The input code 
sequence process part 1 1 replaces a code A by a code 
B, the code A corresponding to an LSP (Line Spectrum 
Pair, i.e., parameter of a synthesis or inverse filter show- 
30 ing a spectrum envelope of the speech) and an LAG 
(i.e., delay quantity of the adaptive codebook showing 
the pitch cycle of the speech) contained in the code 
sequence C(t) from which the redundancy bits are 
already removed, the code B corresponding to the code 
35 sequence C(t-1) stored in the input code sequence stor- 
age part 12. The input code sequence process part 11 
outputs a code sequence C'(t) after the replacement. 
The contents of the input code sequence storage part 
12 at that time remain the same as code sequence C(t- 
40 1) and are not updated. The decoding process part 21 
carries out the above decoding process and updates 
the internal state utilizing the code sequence C (t) sup- 
plied from the input code sequence process part 1 1 . 
The LSP and LAG as objects for replacement have 
45 a high correlation approximately at time and are not 
abruptly changed with the passage of time. Accordingly, 
the values of the adjacent LSP and LAG computed for 
each predetermined section are close to each other. 
Consequently, the distortion of the decoded speech 
so SP(t) is lessened when the decoding process is carried 
out based on the correctly received code immediately 
before the detection of errors rather than when the 
decoding process is carried out based on the code con- 
taining errors. As a consequence, the degradation of 
55 quality can be reduced at the time point when the errors 
occur. 

However, when the LSP and LAG are replaced in a 
conventional manner, it is seldom that the code 
sequence C'(t) after the replacement is coincident with 
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the code sequence C(t) which is presumed to contain 
no errors. Accordingly, an occurrence of code errors 
makes it even more difficult for the internal state infor- 
mation So(i+1) stored in the internal state storage unit 
23 to coincide with the internal state of the encoder. 
Accordingly, even in the event that no errors are 
detected from as of , for example, time t+s onward and 
a correct code sequence C(t+s) can be obtained, the 
decoded speech SP(t+s) tends to be degraded due to 
non-coincidence of the internal states. Especially, since 
the correlation between the LSP and LAG is reduced as 
the time s during which the code errors occur is 
increased, the degree of non-coincidence of the internal 
states is further increased and the degradation of the 
decoded speech SP(t+s) is increased, too. 

Disclosure of Invention 

The present invention has been accomplished 
under the above-mentioned background. It is, therefore, 
an object of the invention to provide a speech decoder 
capable of improving the quality of decoded speech 
after therecovery from code errors. 

According to the present invention, a speech 
decoder basically comprises error detection means for 
detecting whether or not a code sequence obtained by 
receiving a code sequence of a speech signal transmit- 
ted in the form of compressed digital data through a pre- 
determined coding algorithm contains code errors, f irst 
estimation means for estimating, when errors are 
detected in the received code sequence by the error 
detection means, a correct code sequence based on a 
code sequence received before code errors were 
detected by the error detection means and outputting an 
estimated code sequence, decoding means for decod- 
ing the estimated code sequence based on internal 
state information retained therein and transforming the 
same into a speech signal, and updating means for 
updating the internal state information based on the 
decoded result achieved by the decoding means. The 
speech decoder is characterized by further comprising 
second estimation means for re-estimating a correct 
code sequence during a time period when errors are 
detected based on a code sequence received after no 
more errors are detected and outputting an estimated 
code sequence, when errors are detected in the 
received code sequence by the error detection means 
but no more errors are detected thereafter, the internal 
state information being updated based on the decoded 
result achieved by decoding the estimated code 
sequence output by the second estimation means. In 
this case, the second estimation means re-estimates a 
correct code sequence during the time period when 
errors are detected, based on the code sequence 
received after no more errors are detected, and outputs 
an estimated code sequence. The decoding means 
decodes this estimated code sequence, and the updat- 
ing means updates the internal state information based 
on this decoded result. Accordingly, the enlarged dis- 



crepancy of the internal state information between the 
encoder and the decoder during the time when the code 
errors occur, is compensated. 

Here, the second estimation means may re-esti- 
5 mate a correct code sequence during the time period 
when errors are detected based on a code sequence 
received before errors are detected and a code 
sequence received after no more errors are detected 
and output an estimated code sequence, when errors 
10 are detected in the received code sequence by the 
detection means but no more errors are detected after 
the passage of the predetermined time. 

The second estimation means may re-estimate a 
correct code sequence during a time period when errors 
is are detected based on a code sequence received 
immediately after no more errors are detected among 
ail code sequences received after no more errors are 
detected, and output an'estimated code sequence. Fur- 
thermore, the second estimation means may re-esti- 
20 mate a correct code sequence during a time period 
when errors are detected based on code sequences 
received after no more errors are detected, and output 
an estimated code sequence. 

In the speech decoder, the second estimation 
25 means may estimate a correct code sequence based on 
a code sequence received immediately before the 
detection of the errors among ail code sequences 
received before the errors are detected. In that case, the 
first estimation means may estimate a correct code 
30 sequence based on a code sequence received immedi- 
ately before the detection of the errors among all code 
sequences received before the errors are detected, as 
in the case with the second estimation means. 

In the speech decoder, the second estimation 
35 means may estimate a correct code sequence based on 
code sequences received before the detection of the 
errors. In that case, the first estimation means may esti- 
mate a correct code sequence based on a code 
sequence received immediately before the detection of 
40 the errors among all code sequences received before 
the errors are detected, as in the case with the second 
estimation means. Since those speech decoders can 
estimate the code sequence with a high degree of accu- 
racy, the quality of decoded speech during the time 
45 when code errors occur and after the recovery from the 
code errors can be more improved. 

The speech decoder may further comprise switch 
means for cutting off an external output of a speech sig- 
nal during the time when the estimated code sequence 
so output by the second estimation means is decoded. In 
that case, a decoded speech generated during the time 
when the internal state information is updated can be 
avoided from being output outside as a delay compo- 
nent. Accordingly, the quality of the decoded speech 
55 recovered from the code errors can be even more 
increased. 

The internal state information may be an adaptive 
codebook. 
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Brief Description of Drawings 

Fig. 1 is a block diagram showing a construction of 
a speech decoder according to one embodiment of 
the present invention; 

Fig. 2 is a view showing a relation between errors 
contained in an input code sequence and modes of 
routine operations of a speech decoder of Fig. 1 ; 
Fig. 3 is a view showing the transition of routine 
operation in the speech decoder of Fig. 1 ; 
Fig. 4 is a view showing specific an example of the 
routine operation in the speech decoder of Fig. 1 ; 
Rg. 5 is a view showing the result of measurement 
of segmental SNR in an experiment utilizing the 
speech decoder of Fig. 1 ; 

Rg. 6 is a view exemplifying an IIR filter for explain- 
ing the internal states; and 
Rg. 7 is a block diagram showing a component con- 
figuration of a conventional speech decoder. 

Best Mode for Carrying Out the Invention 

One embodiment of the present invention will now 
be described with reference to the accompanying draw- 
ings. 

1 . Construction of the Embodiment 

Rg. 1 is a block diagram showing a construction of 
a speech decoder according to one embodiment of the 
present invention. In Rg. 1, an input code sequence 
process unit 1 1 comprises an input code sequence proc- 
ess part 11' and an input code sequence storage part 
12', whereas a decoding process unit 2' comprises a 
decoding process part 21', an internal state process 
part 22\ and an internal state storage part 23'. The input 
code sequence process part 1V comprises selector cir- 
cuits 110, 150 for selectively switching an operating 
action, a regular routine part 120 for carrying out a reg- 
ular routine, an error concealment routine part 130 for 
carrying out a routine when errors occur, and an error 
recovery routine part 140 for recovering errors. Refer- 
ence numeral 3 denotes a detecting unit and 4, a switch, 
respectively. 

The error detection unit 3 has the same construc- 
tion as that of Fig. 3. This error detection unit 3 detects 
errors contained in an input code sequence ln(i) trans- 
mitted through a transmission line, not shown, gener- 
ates a detection signal E which becomes "1" when 
errors are detected in the input code sequence ln(i) and 
it becomes "0" when no errors are detected, and out- 
puts this error detection signal E to the input code 
sequence process part 1V and the decoding process 
part 21'. 



2. Operation of the Embodiment 

2-1 : Overall Operation of the Embodiment 

5 An overall operation of the embodiment thus con- 
structed will be described. 

The operation of this embodiment includes a regu- 
lar routine, an error concealment routine and an error 
recovery routine. These routines are selected depend- 

w ing on the state of an error occurrable in the input code 
sequence. First, this will be described with reference to 
Fig. 2. Now, as shown in Fig. 2, when the input code 
sequence is changed as "no errors -> errors -» no 
errors -> no errors", the error detection signal E is 

75 changed as "0 -> 1 -» 0 ->0\ In that case, the routine 
operation is carried out as "regular routine -> error con- 
cealment routine -»error recovery routine and regular 
routine -> error concealment routine" in this order. Rg. 
3 shows the transition of routine operation. In Fig. 3, the 

20 error recovery routine and the regular routine are car- 
ried out after the error concealment routine is finished 
and when the error detection signal E shows "0". That 
is, this operation is carried out only when the state of the 
input code sequence is changed from "errors" to "no 

25 errors". Presuming that the input code sequence con- 
tains no errors during the time period from time 0 to time 
t errors during the time period from time t+1 to time 
t+s+1, and no errors during the time period from time 
t+s onward, the above routine operation will be specrfi- 

30 cally described with reference to Figs. 1 and 4. 

2-2: Regular Routine 

The regular routine is described first. The error 
35 detection signal E designates "0" during the time period 
from time 0 to time t In that case, the regular routine is 
carried out at time t=1 and no errors are detected at 
time t. Therefore, according to the above-mentioned 
state transition (see Fig. 3), the process proceeds from 
40 the regular routine again to the regular routine via the 
line of "0". 

In Fig. 1, when an input code sequence ln(t) is sup- 
plied to the input code sequence unit 11', the selector 
circuit 1 10 selects a terminal A1 and supplies the input 

45 code sequence ln(t) to the regular routine part 120. 
Thereafter, when the regular process part 120 removes 
the redundancy bits from the input code sequence ln(t) 
and supplies the same in the form of a code sequence 
C(t) to the selector circuit 150, the selector circuit 150 

so selects a terminal A5 and outputs the code sequence 
C(t) to the decoding process part 21*. This code 
sequence C(t) is also output to the input code sequence 
storage unit 12' and stored thereon (namely, the con- 
tents of storage are not updated but the code sequence 

55 C(t) is added thereto). 

The decoding process part 2V decodes the code 
sequence C(t) based on the internal state information 
So(t) supplied from the internal state process part 22'. 
At that time, the switch 4 is in its ON-state and the 
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decoded speech SP(t) is output to the following step. 
The decoding process part 2V also outputs the internal 
state information Si(t) to the internal state process part 
22' at the time point when the decoding routine is fin- 
ished. The internal state process part 22* reads the 
internal state information So(t) stored in the internal 
state storage part 23* and outputs the same to the 
decoding process part 21\ After the process in the 
decoding process part 21' is finished, the internal state 
process part 2 2* generates internal state information 
So(t+1) based on the internal state information Si(t) 
supplied from the unit 2V and newly stores the same 
into the internal state storage unit 23*. When the decod- 
ing process is finished at time t by this, the internal state 
information read from the internal state storage unit 23' 
is changed from So(t) to So(t+1). 

2-3: Error Concealment Routine 

The error concealment routine will now be 
described. In this example, the error detection signal 
designates "1" during the time period from time t+1 to 
time t+s+1 . In this case, since no errors occur at time t 
but errors occurs at time t+1 . the error detection signal 
E designates "1". For this reason, according to the 
above-mentioned state transition (see Fig. 3). the proc- 
ess proceeds from the regular routine to the error rou- 
tine via the line of "1 " at the time point of time t+1 . 

When the input code sequence ln(t+1) is supplied 
to the input code sequence unit 11* at time t+1, the 
selector circuit 110 selects a terminal B1. At that time, 
the code sequence C(t) is read from the input code stor- 
age part 1 2\ and supplied to the error concealment rou- 
tine part 130 via the selector circuit 1 10. Thereafter, the 
error concealment routine part 130 calculates an esti- 
mated code sequence C'(t+1) based on the code 
sequence C(t) and outputs the same. The estimated 
code sequence C*(i) refers to a code sequence which 
can be obtained by replacing the corresponding part of 
C(i) by a code having time-wise a large correlation such 
as the afore-mentioned LSP and LAG among the code 
sequence C(i-1) before errors occur, for example. 

Then, the selector circuit 1 50 selects a terminal B5 
and outputs the estimated code sequence C^t+I) from 
the error routine part 130 to the decoding process part 
21 '. By doing this, the decoding process part 21 * carries 
out the above-mentioned decoding and addition of the 
internal state utilizing the estimated code sequence 
C'(t+1) supplied from the input code sequence part 11'. 
During the time period from time t+2 to time t+s-1 follow- 
ing time t+2, the decoding process part 2V also gener- 
ates an estimated code sequence C'(t+2), • • • C\t+s-t) 
based on the code sequence C(t) as shown in Fig. 4 
and carries out the decoding process and addition of 
the internal state based on them. 

The reason why the estimated code sequence 
C'(t+1) is utilized for the error concealment routine as 
mentioned is that distortion of the decoded speech can 
be reduced in view of the acoustic sense when the 



decoding routine is carried out based on the code 
sequence estimated from the correct code sequence 
before errors occur rather than when the decoding rou- 
tine is carried out based on the code in which errors 
5 already occur, because the speech has a time-wise cor- 
relation. 

2-3: Error Recovery Routine 

io The error recovery routine will now be described. 
Since no more errors occur from time t+s onward, the 
error detection signal E at time t+s designates "0". In 
that case, according to the above-mentioned state tran- 
sition (see Fig. 3), the process proceeds from the error 
75 routine to the error recovery routine and the regular rou- 
tine via the line of "0 H . 

At time t+s, the switch 4 is brought into its OFF- 
state. At that time, in thg input code sequence process 
part 1 1 ', the selector circuits, 1 10, 1 50 select the termi- 
20 nals C1, C5, respectively, to actuate the error recovery 
routine part 1 40. As shown in Fig. 4, the error recovery 
routine part 140 recalculates the code sequence C"(t), 

, C"(t+s-1) in the error section, and outputs 

the result as an estimated code sequence. In this case, 
25 the error recovery routine part 140 uses the correct 
code sequence C(t) before errors occur, which code 
sequence C(t) is a part of the contents of storage in the 
input code sequence storage unit 1 2* and the a new cor- 
rect code sequence C(t+s) generated from the input 
30 code sequence ln(t+s). 

In the decoding process unit 2\ the decoding proc- 
ess part 21 * carries out a decoding process based on 
the internal state information So(t) stored in the internal 
state storage unit 23', and the second estimated code 
35 sequence C"(t).The internal state process part 22' pre- 
pares an So'(t+1) in accordance with the internal state 
information Si'(t) based on the result of decoding. The 
internal state information So(t+1) of the internal state 
storage part 23' is changed So'(t+1) (namely, re-updat- 
40 ing). However, since the switch 4 is in its OFF-state at 
that time, no decoded speech is output and only the 
internal state is updated. Then, the same updating proc- 
ess as mentioned above are carried out based on the 
newly restored internal state information So'(t+1) and 
45 the code sequence C"(t+1). Such process is repeated 
up to the code sequence C M (t+s-1). As a consequence, 
the internal state information of the internal state stor- 
age part 23* is updated to So'(t+1), • • *So'(t+s-1), as 
shown in Fig. 4. 
so When the internal state information is updated 
again up to So'(t+s), the switch 4 is turned on and the 
above-mentioned regular routine is started based on 
the internal state information So'(t+s) and the code 
sequence (t+s). That is, at time t+s, presuming that the 

55 decoding process is carried at time t, , t+s-1 

based on the code sequence C M (t), , C"(t+s- 

1 ) and the contents of the internal state storage part 23* 
are added, the decoding process and the addition of the 
internal state storage unit 23* at time t+s are carried out. 
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In this way, according to this embodiment at the 
time point of time t+s when no more errors are detected, 
the contents of the internal state storage part 23' at time 

t+1, , t+s-1 when errors occur, are updated 

again utilizing the code sequence C"(t+1), , 

C"(t+s-1). By doing this, the content of the internal state 
storage part 23' can be brought closer to that of the 
internal state storage part (not shown) on the encoder 
side. As a consequence, distortion at time t+s onward 
can be reduced. Moreover, since the switch 4 is turned 
off at time t+s, no delay component of the decoded 
speech is output. 

3. Experimental Example 

An experiment was carried out, in which a speech 
decoder according to the present invention was applied 
to an adaptive codebook of ACELP and errors were 
added to the LAG as parameters of the adaptive code- 
book. In this experiment, the decoding process and the 
updating of the internal state were carried out on the 
basis of each sub-frame unit, and errors were added at 
the fifth and sixth sub-frames. Then, the segmental 
SNR was measured. Consequently, a result of meas- 
urement as shown in Fig. 5 was obtained. In Fig. 5, 
white squares indicate the segmental SNR when no 
interpolation is carried out at the time of code errors, 
whereas white circles indicate the segmental SNR 
when the interpolation routine is carried out at the time 
of code errors. On the other hand, black squares indi- 
cate the segmental SNR when the error recovery rou- 
tine is carried out at the error recovery frame (seventh 
sub-frame) and the interpolation routine was carried 
out. That is, the result of measurement indicated by the 
black squares corresponds to the case in which the 
speech decoder according to this embodiment is 
applied. 

For example, in the eleventh sub-frame, when the 
error recovery routine and the interpolation routine are 
carried out, the segmental SNR can be improved by 
4dB compared with the case wherein the interpolation 
routine is carried out and by 9dB compared with the 
case where no interpolation is carried out. In this way, it 
was ascertained that the error recovery routine exten- 
sively improves the segmental SNR after the code 
errors occur. 

4. Modified Embodiments 

In the above embodiment, the estimated code 

sequence C'(t+1), , C'(t+s-1) may be replaced 

not only by the LSP and LAG but also by other codes 
having a large aging correlation, or it may be calculated 
by other methods. Further, the estimation may be car- 
ried out not only by utilizing the code sequence C(t) 
immediately before the occurrence of errors but also by 
utilizing the previous correct code sequence C(M), C(t- 

2), .In that case, the error recovery routine 

part 140 recalculates the code sequence C'(t+1). 



, C"(t+s-1) of the error section utilizing the 

correct code sequence C(t-1), C(t-2), imme- 
diately before the occurrence of errors as the content of 
the input code storage unit 12', and a new correct code 

5 sequence C(t+s) generated from the input code 
sequence ln(t+s), and outputs the result. 

When the estimation is carried out utilizing both the 
correct code sequence before the occurrence of errors 
and the correct code sequence after the recovery from 

10 errors, the second estimated code sequence C M (t+1), 

, C"(t+S-1) for updating the internal state 

information again may use only both the correct code 
sequence after the recovery from errors and the code 
sequence C(t) immediately before the occurrence of 

75 errors, or may use the more previous correct code 

sequence C(M), C(t-2), 

The second estimated code sequence C"(t+1), 

, C"(t+s-1) for updating the internal state 

information again may be estimated only from the cor- 

20 rect code sequence after the recovery from errors. The 
correct code sequence after the recovery from errors 
may use only the code sequence C(t+s) immediately 
after the recovery from errors or may use the correct 
code sequence C(t+s),C(t+s+1), 

25 The second estimated code sequence C"(t+1), 

, C"(t+s-1) is not necessarily required to be 

calculated over the entire time period when the errors 
occur. It may calculates only a part of the time period 
and updates the internal state based on the result of 

30 calculation. 

In the systems in which some delay is allowed, it 
may be arranged such that the switch 4 is turned on at 
time t+s and the decoded speed is output. 

As for the internal state, it is preferred that an adap- 

35 tive codebook as a representative speech coding algo- 
rithm is used. However, the internal state is not 
necessarily limited to this. 

Claims 

40 

1 . A speech decoder comprising : 

error detection means for detecting whether or 
not a code sequence obtained by receiving a 
45 code sequence of a speech signal transmitted 

in the form of compressed digital data through 
a predetermined coding algorithm contains 
code errors; 

first estimation means for estimating, when 
so errors are detected in the received code 

sequence by said error detection means, a cor- 
rect code sequence based on a code sequence 
received before code errors were detected by 
said error detection means and outputting an 
55 estimated code sequence; 

decoding means for decoding said estimated 
code sequence based on internal state infor- 
mation retained therein and transforming the 
same into a speech signal; and 
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updating means for updating said internal state 
information based on the decoded result 
achieved by said decoding means, 

said speech decoder being characterized in 5 
that said speech decoder further comprises: 

second estimation means for re-estimating a 
correct code sequence during a time period 
when errors are detected based on a code 10 
sequence received after no more errors are 
detected and outputting an estimated code 
sequence, when errors are detected in the 
received code sequence by said error detec- 
tion means but no more errors are detected 75 
thereafter; 

said internal state information being updated 
based on the decoded result achieved by decoding 
the estimated code sequence output by said sec- 20 
ond estimation means. 



said second estimation means estimates a correct 
code sequence based on code sequences received 
before the detection of said errors. 

7. A speech decoder according to one of claims 1 
through 6, further comprising switch means for cut- 
ting off an external output of a speech signal during 
the time when the estimated code sequence output 
by said second estimation means is decoded. 

8. A speech decoder according to one of claims 1 
through 7, wherein said internal state information is 
an adaptive codebook. 



2. A speech decoder according to claim 1 , wherein 
said second estimation means re-estimates a cor- 
rect code sequence during the time period when 25 
errors are detected based on a code sequence 
received before errors are detected and a code 
sequence received after no more errors are 
detected and outputs an estimated code sequence, 
when errors are detected in the received code 30 
sequence by said detection means but no more 
errors are detected after the passage of said prede- 
termined time. 

3. A speech decoder according to claim 1 or 2, 35 
wherein said second estimation means re-esti- 
mates a correct code sequence during a time 
period when errors are detected based on a code 
sequence received immediately after no more 
errors are detected among all code sequences 40 
received after no more errors are detected, and out- 
puts an estimated code sequence. 

4. A speech decoder according to claim 1 or 2, 
wherein said second estimation means re-esti- 45 
mates a correct code sequence during a time 
period when errors are detected based on code 
sequences received after no more errors are 
detected, and outputs an estimated code 
sequence. 50 

5. A speech decoder according to claim 2, wherein 
said second estimation means estimates a correct 
code sequence based on a code sequence 
received immediately before the detection of said 55 
errors among all code sequences received before 
the errors are detected. 

6. A speech decoder according to claim. 2, wherein 
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